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Abstract. The limited narrowband frequency range, about 
300–3400Hz, used in telephone network channels results in 
less intelligible and poor-quality telephony speech. To 
address this drawback, a novel robust speech bandwidth 
extension using Discrete Wavelet Transform-Discrete Co-
sine Transform Based Data Hiding is proposed. In this 
technique, the missing speech information is embedded in 
the narrowband speech signal. The embedded missing 
speech information is recovered steadily at the receiver end 
to generate a wideband speech of considerably better 
quality. The robustness of the proposed method to quanti-
zation and channel noises is confirmed by the mean square 
error test. The enhancement in the quality of reconstructed 
wideband speech of the proposed method over conven-
tional methods is reasserted by subjective listening and 
objective tests. 
Keywords 
Telephone networks, speech bandwidth extension, 
telephony speech enhancement, speech quality, DWT-
DCT-based data hiding 
1. Introduction 
Most of the traditional telephone networks allow only 
a narrow band (NAB) signal which is band-limited to 
300 Hz–3400 Hz. Usually, human speech contains fre-
quencies far beyond the NAB frequency range. Thus, the 
transmission of human speech through the networks leads 
to the muffled sound and poor-quality telephony speech. 
Wideband (WIB) speech transmission in the range of 
50 Hz–7000 Hz would be desirable for better speech qual-
ity. To allow WIB speech services, the essential changes 
required within the network infrastructure are quite expen-
sive and time-taking [1]. This happens to be a major hurdle 
for the transmission of high-quality speech in the telephone 
networks. Therefore, it is very important to enable WIB 
speech transmission using speech bandwidth extension 
(SBWEX) techniques to enhance the quality of speech [2]. 
Artificial bandwidth extension is one among various 
methods of SBWEX which improves the quality and intel-
ligibility of telephony speech [2]. In this approach, the out-
of-band information i.e. the frequencies below 300 Hz and 
above 3400 Hz are estimated from the NAB signal. The 
excitation signal and spectral envelope are estimated by 
most artificial bandwidth extension techniques which are 
used to regenerate the out-of-band signal. Different ap-
proaches for extension of excitation signal are presented in 
[2], [3]. Different techniques for estimating WIB spectral 
envelop are presented in [3–7]. However, traditional artifi-
cial bandwidth extension methods are suffering from re-
constructing WIB speech with high quality under all con-
ditions [8]. 
Compared to artificial bandwidth extension tech-
niques, a WIB speech with high quality is reconstructed 
when the out-of-band information is transmitted by hiding 
it in the NAB signal using data hiding methods [1]. Several 
techniques for SBWEX using data hiding are proposed in 
the state-of-the-art literature. An SBWEX technique is 
proposed in [9] to embed the encoded spectral envelope 
parameters of the lost speech frequency components within 
the NAB signal. A better-quality WIB signal is recon-
structed at the receiver end using the embedded infor-
mation. A much better-quality WIB signal over [9] has 
been reconstructed in [10], where the spectral envelope 
parameters are efficiently encoded using phonetic classifi-
cation. The pitch-scaled frequencies of the out-of-band 
signal are embedded into the unused frequencies of tradi-
tional telephony speech to enhance the quality of recon-
structed WIB speech in [11]. The WIB signal of better 
quality is regenerated in [12–14] using joint source coding 
and data hiding technique. A high-quality WIB signal is 
reconstructed in [15], [16] using various frequency-domain 
data hiding techniques. The enhancement in the quality of 
reconstructed WIB speech is achieved by restoring the 
hidden audible components of the out-of-band signal [17]. 
The spectral envelope parameters of an out-of-band signal 
are embedded into the NAB signal bitstream to improve the 
quality of reconstructed WIB speech in [18]. The WIB 
signal of better quality is regenerated in [19] using a quan-
tization based watermarking technique. 
SBWEX techniques with data hiding are expected to 
deliver high quality composite narrowband (CNAB) along-
side reconstructed WIB (RWIB) signals. Also, these tech-
niques must be able to handle issues pertaining to quanti-
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zation and channel noises. Nevertheless, most of the tradi-
tional techniques fail to provide high-quality CNAB and 
RWIB signals [9–19]. Also, they are less robust to channel 
and quantization noises. Thus, developing a novel SBWEX 
technique using data hiding is essential to improve the 
quality of CNAB and RWIB signals and more robust to 
channel and quantization noises.  
An audio steganography technique presented in [20] 
used discrete Wavelet transform-fast Fourier transform-
based data hiding technique to insert the secret message 
signal in detailed coefficients of a host speech signal with-
out degrading the perceptual quality of the host signal. It 
was shown that this approach is producing a stego signal 
that is indistinguishable from the host signal, while being 
able to reliably recover the secret message signal at the 
receiver end without any degradation in quality. DCT is 
used here instead of FFT in the discrete Wavelet transform-
fast Fourier transform-based data hiding technique.  
A novel SBWEX algorithm using the discrete Wave-
let transform-discrete Cosine transform-based data hiding 
technique [20] is proposed to embed the parameters of the 
lost speech frequency components within the detailed coef-
ficients of the NAB signal. These hidden parameters are 
retrieved at the receiver side to produce a better-quality 
WIB signal by combining the missing speech signal that 
was transmitted through the detailed coefficients and the 
NAB signal. The proposed scheme uses the real missing 
speech information instead of its estimation which makes 
the reconstruction of the WIB speech more accurate com-
pared to the conventional artificial bandwidth extension 
methods. Furthermore, the proposed method is compatible 
with conventional NAB terminal equipment, e.g., a plain 
ordinary telephone set. In other words, conventional NAB 
receivers can still access the NAB speech properly without 
additional hardware, while a customized receiver can ex-
tract the embedded information and provide WIB signal 
with much better quality.  
The telephone network channel introduces channel 
and quantization noises. Techniques proposed in [9, 10, 33] 
for SBWEX are considering only the quantization noise 
and ignoring the channel noise. The quantization noise and 
channel noise effects are considered in this paper. The 
spread spectrum technique [21] is used in this work for 
retrieving the embedded information as it is claimed to be 
more robust against quantization and channel noises. In 
particular, each parameter to be inserted is spread by multi-
plying with a particular spreading sequence. The embedded 
information is then formed by adding the spread signals. 
Due to orthogonality among spreading sequences, the em-
bedded information is retrieved reliably by using a corre-
lator.  
To minimize the interference caused by the other em-
bedded components, spreading sequences with low cross-
correlations are preferred. Hadamard codes have an optimal 
cross-correlation performance, i.e., orthogonal to each 
other, whereas the m-sequences, Gold-codes, and Kasami-
codes are with varying cross-correlation properties [36], 
[37]. Because the Hadamard codes are well recognized by 
their optimal cross-correlation performance, they are em-
ployed in this work for minimizing the interference caused 
by the other embedded components. 
The paper is ordered as follows. In Sec. 2, the DWT-
DCT-based data hiding method for SBWEX is introduced. 
Section 3 deals with a novel SBWEX algorithm using the 
DWT-DCT-based data hiding technique. The subjective 
and objective analyses are discussed in Sec. 4. Finally, in 
Sec. 5, conclusions are summarized.   
2. DWT-DCT Based Data Hiding 
Technique for SBWEX 
To embed upper band signal Seb(n) into narrowband 
signal Snb(n), firstly, detailed and approximation coeffi-
cients are computed by applying DWT on Snb(n) and then 
DCT coefficients are computed by applying DCT on de-
tailed coefficients. Assume that the representation vector 
which represents Seb(n) is R = [LSF1,LSF2,…,LSF10,Ḡr], 
where line spectral frequencies are denoted by LSF and 
gain is denoted by Ḡr.	 
Every parameter of R is spread by multiplying it with 
a particular pseudo-random noise sequence, i.e., Ďi·p
i, 
1  i  K	where K is the pseudo-random noise sequence pi 
length. The hidden data is then produced by adding all of 
these spreading vectors and is given by 







V j p j

     (1) 
where the jth element of pi is represented by pi(j). The last 
16 coefficients of DCT coefficients are replaced by V(j) 
resulting in a CNAB signal spectrum [20]. To convert back 
the CNAB signal spectrum to time-domain representation, 
inverse DCT and then inverse DWT is applied on the 
CNAB signal spectrum. Thus, a CNAB signal S1nb(n) is 
produced so that it can be communicated to the receiver on 
a telephone network channel and the quantization and 
channel noises are introduced by telephone network chan-





nb(n) + ē, where ē represents the 
combination of channel and quantization noises. The con-
ventional phone terminal treats Ŝ1nb(n) as an ordinary sig-
nal. The NAB signal quality is not noticeably degraded 




At the receiver, retrieval of the embedded data re-
quires applying DWT on the CNAB signal and then ap-
plying DCT on detailed coefficients to obtain the DCT 
coefficients. The spread parameters are then obtained from 
the last 16 DCT coefficients and a correlator is used to de-
spread these parameters. Assuming a particular Ḓi to be 
retrieved is denoted by Ḓio and then the correlation is given 
by  








D V j p j
K 
  
   (2) 
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where Ṿ(j) represent noisy V(j)	and is given by 
       V j V j ē j 

.  (3) 
Equation (3) is substituted into (2), we have  
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The pseudo-random noise sequences are orthogonal. 
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Also, since there was no correlation between pio(j) and 
ē(j),	i.e. 
    
1
1






   (6) 
when K. Equations (5) and (6) are substituted into (4), 
thus we have 
  Ďio ioD  .  (7) 
This illustrates that the parameters which represent Ŝeb(n) 
can be effectively recovered due to the use of the spread 
spectrum technique.  
3. SBWEX Utilizing DWT-DCT Based 
Data Hiding Technique   
3.1 Transmitter 
The proposed transmitter is shown in Fig. 1. A speech 
signal designated as WIB Swb(n) is sampled at a frequency 
of 16 kHz. This signal is further fragmented to form a low-
band signal using a low-pass filter and a high-band signal 
using a high-pass filter respectively. The low-pass filter 
extracts speech signal information that is present between 0 
and 4 kHz and is designated as a low-band signal while the 
high-pass filter extracts speech information that is present 
between 4 kHz and 8 kHz designated as a high-band signal. 
The low-pass filter output is decimated by a factor of two 
in order to produce NAB signal Snb(n). The high-band sig-
nal is decimated to produce an upper-band (UPB) signal 
Seb(n). Therefore, 8 kHz is the sampling frequency of Snb(n) 
and Seb(n).  
To imperceptibly embed Seb(n) into Snb(n), minimize 
the number of the parameters which represents Seb(n).		To 
produce linear predictive coefficients, linear predictive 
analysis is carried out on Seb(n) [22]. A small variation in 
linear predictive coefficients results in substantial distor-
tions when reconstructing Seb(n); hence linear predictive 
coefficients are modified into line spectral frequencies 
(LSFs) [22]. Also, the gain of Seb(n) has to be embedded to 
evade over-estimation [23]. Thus, the representation vector 
which represents Seb(n) is formed by combining LSFs and 
gain, R = [LSF1,LSF2,…,LSF10,Ḡr]. The parameters which 
represent Seb(n) are hidden using the DWT-DCT-based data 
hiding technique in the NAB signal. Thus, a CNAB signal 
S1nb(n) is produced so that it can be communicated to the 
receiver on a telephone network channel.  
The excitation parameters are not embedded to reduce 
the number of parameters of Seb(n) to be hidden. This is 
because the ear is not sensitive to the distortions of the 
excitation signal at above the NAB frequency range [24]. 
Thus, estimating the excitation of Seb(n) at the receiver 
from Snb(n) is well-suited for the reconstruction perfor-
mance.  
A synchronization sequence like 111…..11 is added 
after every frame of the CNAB signal to achieve frame 
synchronization [25] between the transmitter and receiver. 
The arrival of a new frame of the CNAB signal at the re-
ceiver is indicated by the reception of a synchronization 
sequence. 
 
Fig. 1.  Proposed transmitter. 
 
Fig. 2.  Proposed receiver. 
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3.2 Receiver 
The proposed receiver is shown in Fig. 2. The DWT-
DCT-based data hiding technique properly recovers the 
representation vector and then linear predictive coefficients 
are obtained from LSFs. Meanwhile, NAB residual signal 
is obtained by inverse filtering Ŝ1nb(n) using linear predic-
tive coefficients of Ŝ1nb(n) 		and then obtain the UPB excita-
tion signal by extending the NAB residual signal. The UPB 
signal Ŝeb(n) that was embedded is synthesized by exciting 
the synthesis filter described by the recovered linear pre-
dictive coefficients by a UPB excitation signal. The re-
ceived CNAB and reconstructed UPB signals are sampled 
at an 8 kHz sampling rate. These signals are then interpo-
lated by a factor of two. The interpolated CNAB S11nb(n) 
and UPB S1eb(n) signals are added up for reproducing 
a WIB signal S1wb(n) of good quality.    
4. Experimental Results  
Two aspects need to be considered for the quality 
evaluation of the proposed method. First, a good WIB 
quality must be guaranteed for a customized receiver. Sec-
ond, the NAB speech quality must not be degraded even 
after embedding the spectral envelope parameters of UPB 
signal into detailed Wavelet coefficients of NAB signal for 
conventional NAB receivers. 
The speech utterances used for the performance eval-
uations of traditional and proposed SBWEX techniques 
were obtained from the TIMIT database [26]. The evalua-
tions were done by taking thirty different speech utterances 
which were spoken by thirty female and male speakers. 
The performance assessment of the methods was done by 
considering the subjective as well as objective measures. 
Each speech signal was split to form frames of 20 ms long 
and between frames, an overlap of 10 ms was maintained. 
Each frame was processed individually. Existing SBWEX 
algorithms like data hiding [9], phonetic classification [10], 
audio watermark [18], and steganographic WIB telephony 
[13] were compared with the proposed method. These are 
represented, respectively, by traditional SBWEX using data 
hiding (TSBWEDH), traditional SBWEX using phonetic 
classification (TSBWEPC), traditional SBWEX using bit-
stream data hiding (TSBWEBD), and traditional SBWEX 
using watermark transmitted side information (TSBWEWS) 
respectively, in the analysis. Additive white Gaussian noise 
(AWGN) channel model is used in this paper.  
4.1 Subjective Listening Test Results 
The speech utterances used for the subjective listening 
tests were a subset of the eighteen hundred speech utter-
ances. The subjective listening tests were made on two 
hundred speech utterances drawn randomly from the eight-
een hundred speech utterances. The obtained speech quality 
of the proposed method and conventional SBWEX meth-
ods [9, 10, 13, 18] is assessed using an absolute category 
rating (ACR) listening test [34] recommended by the Inter-
national Telecommunications Union (ITU-T). The percep-
tual transparency is assessed with the mean opinion score 
(MOS) test [9], [10]. The subjective comparison between 
WIB, CNAB, NAB, and RWIB signals is also employed 
[15]. The obtained speech quality of the proposed method 
in comparison with the outputs of the conventional meth-
ods [9, 10, 13, 18] was assessed using comparison category 
rating (CCR) listening test [35] recommended by the Inter-
national Telecommunications Union (ITU-T). Each person 
is made to hear the speech utterances through headphones 
in a silent chamber. An evaluation was done using a prede-
fined scale by examining participant’s views on speech 
sounds. Thirty normal listeners (15 females and 15 males) 
between the age of 20 and 35 years have participated in 
these tests.  
ITU-T Test Results 
The speech samples used in the listening test were 
taken from the TIMIT database. Two hundred sentences 
were taken for evaluating the performance of conventional 
methods [9, 10, 13, 18] and the proposed method. Since the 
main application of the SBWEX technique is in mobile 
communications, listening test samples are prepared so that 
they simulated speech transmitted over a cellular telephone 
network. The test samples were high pass filtered with the 
mobile station input (MSIN) filter, which approximates the 
input response of a mobile station and the sound level of 
each test sample was normalized to 26 dB below over-
loading [35]. These pre-processed test samples were then 
down-sampled to the 8-kHz sampling rate and used as 
NAB signal for conventional SBWEX methods [9, 10, 13, 
18] and the proposed method.  
The ACR test was conducted to evaluate the quality 
of the bandwidth extended speech signal generated by the 
conventional SBWEX methods [9, 10, 13, 18] and the 
proposed method. The listeners were asked to evaluate the 
quality of the speech samples with the scale: 5 (excellent), 
4 (good), 3 (fair), 2 (poor), 1 (bad). The test was conducted 
in a quiet environment using headphones. Thirty subjects 
participated in the test. MOS values for the conventional 
SBWEX methods [9, 10, 13, 18] and the proposed method 
are presented in Tab. 1. A clearly improved reconstructed 
WIB signal quality of the proposed method over the tradi-
tional methods is observed from Tab. 1.  
Pairwise Comparisons 
The speech samples used in the CCR listening test 
were taken from the TIMIT database. Two hundred sen-
tences were taken for evaluating the performance of con-
ventional methods [9, 10, 13, 18] and the proposed method. 
CCR listening test compares two speech samples and pro-
vides information on which sample is better in terms of 
quality based on the comparison mean opinion score 
(CMOS) given in Tab. 2. Subjects participating in a CCR 
listening test compared pairs of speech samples from the 
outputs of the conventional methods [9, 10, 13, 18] and 
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proposed method. The second signal of the pair is rated 
compared to the first signal. The results of the listening test 
are presented in Tab. 3 in terms of CMOS and respective 
95% confidence interval (CI95) for each of the CCR con-
ditions. A clearly improved reconstructed wideband signal 
quality of the proposed method over the traditional meth-




TSBWEDH [9] 2.45 
TSBWEPC [10] 2.76 
TSBWEBD [18] 3.54 
TSBWEWS [13] 3.61 
Proposed technique 4.57 
Tab. 1. ACR listening test results. 
 
Score Rating of second signal compared to that of the first signal
3 Much better 
2 Better 
1 Slightly better 
0 About the same 
–1 Slightly worse 
–2 Worse 
–3 Much worse 
Tab. 2. Comparison mean opinion score (CMOS). 
 
CCR Condition CMOS CI95 
TSBWED VS. TSBWEPC 0.63 [0.39; 0.87] 
TSBWEDH VS.TSBWEBD 1.31 [1.18; 1.44] 
TSBWEDH VS.TSBWEWS 1.37 [1.22; 1.51] 
TSBWEDH VS. Proposed method 2.45 [2.33; 2.56] 
TSBWEPC VS. TSBWEBD 0.80 [0.55; 1.05] 
TSBWEPC VS. TSBWEWS 1.03 [0.86; 1.20] 
TSBWEPC VS. Proposed method 1.93 [1.78; 2.18] 
TSBWEBD VS. TSBWEWS 0.81 [0.60; 1.03] 
TSBWEBD VS. Proposed method 1.78 [1.65; 1.91] 
TSBWEWS VS. Proposed method 1.67 [1.52; 1.81] 
Tab. 3. CCR listening test results. 
 
Score Instruction 
1 NAB and CNAB signals sounds different  
2 Observable difference between NAB and CNAB signals   
3 Minute difference between NAB and CNAB signals   
4 NAB and CNAB signals sounds alike 
Tab. 4. MOS. 
 
Technique Mean opinion score 
TSBWEDH [9] 2.89 
TSBWEPC [10] 3.07 
TSBWEBD [18] 3.18 
TSBWEWS [13] 3.54 
Proposed method 3.97 
Tab. 5. Results of the MOS. 
Perceptual Transparency  
The information should be transparently hidden by the 
proposed method. That is the CNAB and NAB signals 
should be subjectively indistinguishable. High perceptual 
transparency means low noticeable NAB signal degrada-
tion. There should be high perceptual transparency even 
after embedding the spectral envelope parameters of the 
UPB signal into detailed Wavelet coefficients of the NAB 
signal. The perceptual transparency was assessed with the 
MOS test. Listener’s on comparing CNAB and NAB 
signals come out with a decision in terms of MOS as given 
in Tab. 4. The average MOS values of traditional [9, 10, 13, 
18] and the proposed techniques are given in Tab. 5. The 
proposed technique gives a MOS value of 3.97 which indi-
cates that the proposed technique has excellent perceptual 
transparency over the traditional techniques [9, 10, 13, 18]. 
The proposed technique gives a MOS value of 3.97 which 
was almost near the standard MOS value of 4 which indi-
cates that CNAB and NAB signals were more or less iden-
tical. 
Subjective Comparisons between WIB, NAB, 
CNAB and RWIB Speech Samples 
A listening test was done for comparing performances 
between the proposed and conventional methods [9, 10, 13, 
18]. Here, the WIB signal, NAB signal, CNAB signal, and 
RWIB signal were labeled I, II, III, and IV respectively. 
Participants are asked to do a pairwise comparison between 
the samples to tell whether the first sample was superior to, 
inferior than or equal to the second. The responses after 
comparing I, II, and III with the other signals respectively 
are tabulated in Tab. 6 (a), (b), and (c). 
The number of participants with a specific preference 
is indicated by Arabic numerals in the table. It is observed 
that the WIB signal is superior to NAB and CNAB signals 
of traditional [9, 10, 13, 18] and the proposed methods 
from Table 6(a). Also, we observe that RWIB signal qual-
ity is far superior using the proposed method over tradi-
tional methods [9, 10, 13, 18] from Tab. 6(a). Thus, the 
speech quality was enhanced by the proposed technique. 
Compared to traditional methods [9, 10, 13, 18], it is ob-
served that the RWIB signal of the proposed method is 
superior to that of the NAB signal, as may be seen from 
Tab. 6(b). Compared to conventional methods [9, 10, 13, 
18], it is observed that RWIB speech of the proposed tech-
nique is better than CNAB speech from Tab. 6(c). 
4.2 Objective Quality Evaluations  
The database which was used in subjective listening 
tests was also used in evaluating objective measures. The 
perceptual transparency was assessed with the narrowband-
perceptual objective listening quality assessment (NAB-
POLQA) measures [27]. RWIB speech quality was evalu-
ated with the log spectral distortion (LSD) [9], [10] and 
wideband-perceptual objective listening quality assessment 
(WIB-POLQA) measures [27]. The robustness of hidden 
data against quantization and channel noises was evaluated 
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Technique I II III IV 
TSBWEDH [9] 
 30 30 14 
 0 0 0 
 0 0 16 
TSBWEPC [10] 
 30 30 12 
 0 0 0 
 0 0 18 
TSBWEBD [18] 
 30 30 11 
 0 0 0 
 0 0 19 
TSBWEWS [13] 
 30 30 9 
 0 0 0 
 0 0 21 
Proposed method 
 30 30 1 
 0 0 0 
 0 0 29 
Tab. 6. (a) Subjective comparison test results between I, II, III, 
and IV. 
 
Technique II III IV 
TSBWEDH [9] 
 8 3 
 4 18 
 18 9 
TSBWEPC [10] 
 8 1 
 2 19 
 20 10 
TSBWEBD [18] 
 5 2 
 3 20 
 22 8 
TSBWEWS [13] 
 5 2 
 2 22 
 23 6 
Proposed method 
 1 0 
 0 28 
 29 2 
Tab. 6.  (b) Subjective comparison test results between II, III, 
and IV. 
 





















Tab. 6.  (c) Subjective comparison results between III and IV. 
Perceptual Transparency 
The evaluation of perceptual transparency is done by 
providing NAB and CNAB signals as inputs and compar-
ing them to rate speech quality. The NAB-POLQA value 
will range between 1 and 5, where the higher the value, the 
more superior the quality. The average NAB- POLQA 
values of conventional [9, 10, 13, 18] and proposed meth-
ods are tabulated in Tab. 7. The proposed technique gives 
a NAB-POLQA value of 4.12 which indicates that the pro-
posed technique has excellent perceptual transparency over 
traditional techniques [9, 10, 13, 18], which was already 
confirmed by subjective listening tests. 
WIB Speech Quality   
The evaluation of the quality of RWIB speech is done 
by giving WIBA and RWIB signals as inputs and compar-
ing them in order to rate speech quality. The average WIB-
POLQA values of the conventional [9, 10, 13, 18] and 
proposed methods are shown in Tab. 8. A WIB-POLQA 
value of 4.24 confirms that the RWIB signal quality that 
was obtained by the proposed technique is excellent com-
pared to traditional techniques [9, 10, 13, 18], which was 
already confirmed by subjective listening tests on a set of 
participants. Thus, the speech quality was improved from 
using the proposed technique. 
RWIB Speech Quality 
The quality of RWIB speech is evaluated using LSD 
measure and is calculated using the formula 






20log 20log d    










   
   (8) 
where gp is the gain of UPB signal, (as(e
jw))–1 is the spectral 
envelope of UPB signal, ĝp is the gain of the reconstructed 
UPB signal and (âs(e
jw))–1 is the spectral envelope of the 
reconstructed UPB respectively. An RWIB signal with the 
least value of LSD is said to be of good quality. The result-
ant LSD for conventional [9, 10, 13, 18] and proposed 
techniques with a µ-law coding are presented in Tab. 9 and 
 
Technique NAB- POLQA 
TSBWEDH [9] 2.54 
TSBWEPC [10] 2.99 
TSBWEBD [18] 3.21 
TSBWEWS [13] 3.34 
Proposed method 4.12 
Tab. 7.  Results of the NAB-POLQA. 
 
Technique WIB- POLQA 
TSBWEDH [9] 2.08 
TSBWEPC [10] 2.45 
TSBWEBD [18] 3.13 
TSBWEWS [13] 3.34 
Proposed method 4.24 
Tab. 8. Results of the WIB-POLQA. 
 
Technique Log Spectral Distortion 
TSBWEDH [9] 12.83 
TSBWEPC [10] 10.69 
TSBWEBD [18] 6.07 
TSBWEWS [13] 5.94 
Proposed method 2.23 
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it was evident that the RWIB signal quality of the proposed 
technique was far superior to the signal quality generated 
using conventional techniques [9, 10, 13, 18]. In addition, 
the proposed technique offers LSD of 2.23 indicating that 
RWIB speech of the proposed technique and original WIB 
speech qualities are almost equal. Good RWIB signal per-
formance of the proposed technique which was already 
found in the subjective tests is now supported by these LSD 
values also. The proposed technique offers LSD of 2.41 
with the AWGN channel model. 
Robustness of Hidden Information 
AWGN with a signal to noise ratio ranges between 15 
and 35 dB [28] is added to the CNAB signal. The evalua-
tion of the robustness of the proposed technique is done by 
utilizing MSE and is calculated using the formula  










     (9) 
where the RWIB signal is represented by S1wb(n) and the 
original WIB signal is represented by Swb(n). The spreading 
sequence length is 16. An RWIB signal with a small value 
of MSE is said to be of good quality. The proposed tech-
nique gives MSE values as a function of the signal to noise 
ratio ranges between 15 and 35 dB, which are below 
7.8810–4 indicating that the RWIB signal quality obtained 
by the proposed technique is excellent. The proposed tech-
nique gives an MSE value after adding quantization noise 
(μ-law) to S1nb(n) is 6.0710–4 which indicates RWIB sig-
nal quality that was obtained by the proposed technique is 
excellent. 
5. Conclusion  
In this paper, SBWEX utilizing the DWT-DCT-based 
data hiding technique has been proposed. The parameters 
of the UPB signal are embedded within the NAB signal. 
The embedded information is used to reconstruct the WIB 
signal of good quality at the receiver end. The robustness 
of the proposed method is confirmed by the mean square 
error test. The RWIB signal quality was enhanced by the 
proposed technique over conventional techniques and it 
was evident through subjective listening and objective 
tests. 
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